VA CE SW TCHI NG APPARATUS AND METHOD This invention relates to voice

swi tchi ng apparatus and to nmet hods,of determ ning the type of acoustic
environment in which a voice signal controller is enmployed. The use of

anal og speaker phones has been the primary "hands free 10 nean

comuni cating during a tel ephone conversation for a great nunb%r osy:'égf?.7
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a room be ngcn a clear talking path and the voice signal in the opposite direction will be
attenuated by having loss switched into its talking path. If voice signals are not
25 present in either the transmit direction or the receive direction, the speakerphone
typically goes to an “at rest" mode which provides the clear talking path to voice
signals in a receive direction thereby favoring speech from a distant speaker. In
some modern analog speakerphones, however, if voice signals are not present in -
either the transmit direction or the receive direction, the speakerphone goes to an idle
30 mode where the loss in each direction is set to 2 mid-range level to allow the
direction in which voice signals first appear to quickly obtain the clear talking path.
Most high-end analog speakerphones also have a noise-guard circuit to
adjust the switching levels according to the level of background noise present.
Switching speed is limited by a worst-case time constant that assures that any speech
35 energy in the room has time to dissipate. This limitation is necessary to prevent "self
switching", a condition where room echoes are falsely detected as near-end speech.
A disadvantage of this type of speakerphone is that no allowance is made for a room
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that has good acoustics, i.e., low echo energy return and short durat’ion
echoes. One recently devel oped- speaker phone incl udes an arrangenent that
does consider the quality of the -aczuet ics in aroomand adapts its
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: 25 especially if such a room does not have good acoustics. And the increased
sensitivity of the mu:rophone enables the continuous detection of these echoestoa . .
e much lower level. Thus the echoes in the room may remain at a detectable level _
long afier the allotted period for measuring the time-domain acoustic response has
expired. As a result, the echo duration information measured by the speakerphone
30 may not be sufficient in a conference environment to prevent the speakerphone from
self-switching. Itis thus desirable to provide an arrangement which does not suffer
from this problem.




apparatus including nmeans for switching between a receive state for

recei ving speech signals fromthe conmunication |iné and a transmt state
for transmitting speech 5 signals over the conmunication line; and an
acoustic calibration circuit for determning the type of acoustic
environment in which the voice switching apparatus .is enployed, the
calibration circuit including nean¥ fbr “generating a tone burst signal in
said environment, the tone burst signal conprising nultlple frequency _
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employed, the voice signal controller being connectable to a communication lme and
switching between a receive state for receiving speech s1gnals from the
25 communication line and a transmit state for transmitting speech signals over the
communication line, the method including the steps of generating a tone burst signal
in said environment, the tone burst signal comprising multiple frequency signals
generated separately at different time intervals; measuring the return of the tone
burst signal to said controller for generating a co‘mpdsite representation of the
30 acoustic response for each one of the multiple frequency signals having the largest
returned amplitude level measured at each one of multiple predetermined time
intervals; generating an echo decay parameter for providing an estimate for a specific
time interval when the amplitude level of the acoustic response for the multiple
frequency signals dissipates to a predetermined level, the echo decay parameter
35 being indicative of the duration of echoes from the tone burst signal and providing a
time-domain acoustic response.of said environment; and adjusting threshold
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transnt state responsive to the neasuring step. In an enbodi ment of the-

i nvention, an arrangenent is“enployed in an adaptive:speakerphone for
accurately determning the type of acoustic environnment 5 in which the
speaker phone is enployed. The arrangenent includes an acoustic calibration
circuit operative in determning the acoustdc_environment of both | ar ge
and small roons having either harsh (bad) or favorable (good) acoustics. In
preferred enbodi nents, the calibration circuit determ nes the acoustic

envi ongent of swichingrevsls ainwhich the controHer switches betwean theeretaivelstptectindrthe
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time interval when the anplitude |evel 0f the acoustic response for the
tone burst o1 giWhightbe speakerphone issmplayed: iiheorangement inglydesanacoysticg t he
echo decay par garation EfCuit Spdritivel inQUeterininity thef dcoasticléhvirfmenedfoth
conposite representati on of the acoustic response for those echoes having
the | argest returned anplitude | evel measured over nultiple predeterm ned
tinme intervals. By examning the anplitude level in the conposite :
representation at selected ones.of these time intervals, the echo decay
paranmeter is generated.- And fromthe echo decay paraneter and the conposite
representation, a tine-domain 15 acoustic response, which provides a
measure of the characterization of the room acoustic environment, is
determined If after performng a first measurenent of the room acoustics at
a mescribed first time period, the calibration circuit deternines that the
room echoes have not dissipated to an acceptable |evel for generating an
echo decay paraneter 20 representative of these echoes, -

the calibration circuit regenerates the tone burst into the rooma second
time and then neasures the resulting | evel of the acoustic response over an
extended tine period. In one of the invention, the acoustic calibration
circuit is associated with a voice swtching apparatus and determ nes the
type of acoustic 25 environnment in which the voice switching apparatus is
enpl oyed. The calibration circuit conprises nmeans for generating a tone
burst signal in said environnent, the tone burst signal conprising nultiple
frequency signals being generated separately at different tine intervals..
The calibration circuit further conprises scaling means responsive to the
return of the tone burst signal to said apparatus for generating an 30 echo
decay paraneter indicative of the duration of echoes fromthe tone burst
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and for providing a tinme-domain acoustic response of said environnent. The )
calibration circuit still further conprises calibration neans operably
responsive to the scaling neang for adjusting threshold switching | evels at
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Inone ,  of the invention, the acoustic calibration circuitis

associated with a voice switching apparatus and determines the type of acoustic
25 environment in which the voice switching apparatus is employed. The calibration

circuit comprises means for generating a tone burst signal in said environment, the .
tone burst signal comprising multiple frequency signals being generated separately at -/

different time intervals.. The calibration circuit further comprises scaling means
responsive to the retum of the tone burst signal to said apparatus for generating an

30 echo decay parameter indicative of the duration of echoes from the tone burst signal
and for providing a time-domain acoustic response of said environment. The
calibration circuit still further comprises calibration means operably responsive to
the scaling means for adjusung threshold switching levels at which thc apparatus
switches between the receive state and the transmit state.

35 The time-domain acoustic
response provides an estimate of both the maximum ampéxéudc of the returned signal
and the expected duration of the echoes. This mformanon 4 used by a computer in
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FIG 7 are illustrative waveforms which depi ct inpul se and conposite .
characterizations of an acoustic eny ronment neasured by the speaker phone
of FIG 2; FIG 8 is an illustrative waveform which depicts a conposite 35
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speaker phone 200 enb nventlon shown, t he, speaker phone
general Iy conpri ses g:?éoﬁgiﬁ&)‘ﬂ? e RJof fypctio ‘g‘ef‘ aVe

section 230 mﬁmmmwm@ﬁmpﬁmﬂ nevah'bg@*mgrom | nt el
as Part No. 8051 nmay pbe. use for computer 210 w

Cor por ati on

he proper progranmi ng.

A m crophone 211 coup B si ghal s to the speakerphone and a speaker
212 20 FIG. Bmas:atedxagmmdeplcnngthethreepossmlesta.esofthe

speakerphone of FIG. 2 and the possible transitions among them;

FIG. 4 depicts a flow chart illustrating the operation of the speakerphone
of FIG. 2 in determining whether to remain in an idle state or to move from the idle

state to a transmit or a receive state;

25 FIG. 5 depicts a flow chart illustmnng tlie eperation of the spealeerphone
of FIG. 2 in determining whether to remain in the transmit state or to- move from the

et transmit state to the receive state or idle state;

FIG. 6 depicts a flow chart illustrating the operation of the speakerphone
of FIG. 2mdetenmnmgwhethertoremamm;herecexvestate or to move from the .

30 receive state to the transmit state or idlé state;

FIG. 7 are illustrative waveforms which depict nnpulse and composue
characterizations of an acousnc environment measured by the speakerphone of

FIG. 2;

FIG. 8 is an illustrative waveform which depicts a composite
35 - characterization of both a favorable and a harsh acoustic environment measured by

the speakerphone of FIG. 2;
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recei ves output audio signals fromthe speakerphone 30 In the
operation of the speakerphone 200, an audio signal "provided by a person
speaking into the nicrophone 211 s coupled into the transmt section 220
to a multiplexer Connected . to .jhe n:ult | exer. is a.,mute control
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Connect tes the
receive pg?%sfa%ggﬁg%h@ﬁﬁa cont %?r%%%ﬁ?rom{cﬁe conphyy?‘ﬂl? . A high
pass fipagpf mwcamcemtwbmmwdmommmm@we | ow
frequengyb ligN Given s M&&&éﬂé%&hﬁb&%busﬂ&u@ﬁh Betwent he hi gh
pass filter, 23 |i§ Ied bo t&?sn env,e 8 elctor 23 to a
progra 4 t gud meewye losscongo ins the

si gr2dl memmmgemuenmmwmwmmbmwmdm coupled to a
| ogarit anplifier 237. This anpl.ifier expands the dynam c range of the.

receive g2ch signal to approximately 60 dBto allow for the optinum
utilization of tRefegingnexeioldG.2,tderois shownafanctioiabblticki t al converter 215.

comput or g 6a 3 ERHBue obaol AR, spe%’%ﬁf‘%?ﬁﬂgﬁ%‘.’%%@&?% 35 08 i n

si xt een steps, for a maximm | MWM@SM@@WP ORe t he
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section 230. A microcomputer commercially available from Intel Corporation as ~
Part No. 8051 may be used for computer 210 with the proper programming. A ~

microphone 211 couples audio signals to the speakerphone and a speakcr 212
receives output audio signals from the speakerphone. o o
30 S In the operation of the speakerphone 200, an audio signal provided by a
person speaking into the microphone 211 is coupled into the transmit section 220 to
a multiplexer 221. Connected to the multiplexer 221 is a mute control 222 which
mutes the transmit path in response to a control signal from the computer 210.. A
high pass filter 223 connects to the mute control 222 to remove the room and low
35 frequency background noise in the speech signal. The output of the high pass
filter 223 is coupled both to a programmable attenuator 224 and to an envelope
detector 225 having a transfer function S. In response to a control signal from the



whi ch renoves any spi kes that m ght have been generated by the sw tching
occurring in the attenuator 234. This filter also provides additional

si gnal shaping to the signal before the signal is coupled to the

| oudspeaker 212 via an anplifier 214 «80 The signals from both

the logarithmc arrpllfler 227 and_the | oga hm c i er 237 are
mul ti pl exed 9mBpRRT21% @ﬁd?“’@!‘?‘%g!? PBW éﬁ H‘SP%ﬁ’éngH! § Spesch siggal i)
converter 214iepsrs. $6B uptbatoléf ﬁiﬁ&ﬁﬂbﬁs,?ﬁ&x&ﬂﬁﬁlﬁmﬁnﬁ&ﬂow meum tal

mforrrawron t signal | evel eve mcro on . The er
210 measures Hé‘g§ 'g %%14 &Qﬁ%ﬁ tion

about the siwhigh randv&smyepﬂcwﬂiasmﬂnﬁhvabtmme&b)gthalsmhngge and a

recei ve siggn nal
accor di ngst ogécﬁgy'g)iﬂﬁ@ew% e@ﬁg?@pﬁﬂs.aﬁeﬂeiﬁ?% ?{e}%rs gira%ﬁ | ng
rate = 1333 qbemggebhnfarc[tbazs warm@ ¥ the spe erphonequm}dmhneao
average = mﬁr@a showm E% nlwemte%wdct&:&mb LT ¥é&aks in
t he applled signal nc ph te aye [ran

const ant | evégnal mﬂh‘éﬁ?ﬁ P& %@?Wé@ﬁ%éﬁ%ﬁ speech

signals. 10 the dynamxctan &6 the transunis sighal o iapproxirantelyec0adB! toallore forthe Noi se

aver age e aI so dev. ed.. The tr nsmt n e noi se
| evel of RIpRYEL Y oF the, ugpz é*p@g@ggg%?gﬁggwggg?}g]nm se
aver age rreasur es the1?hemweeseeﬁom2|30¢m1mnmpebcbpmcmwmqhatmy The
transmt noi r p@&i’i@a!ﬂ? yel oped by
nmeasuri ng thﬁeﬁfﬁ%@g@qﬁ ?@eseen %gﬂ(%ﬁﬁm%%hﬁgtﬁ&\eéﬁ@% 5% Si nce “Pagkgr ound
noi se i s gentheesh sigeal meceived over,an inprkaudic ling PA2 fropythe fxbrid iscoupledine
eshirat e of B gedeRieRchic2IGt0 tﬁbanﬂﬁ;ﬂeﬁmmacdnmealwmmu lexe£23WR Y ar e

devel opeq st g Lhe 91 QA% S2RL' Slivd Sk bn oShérk b bdnkiSlgEarom
the computm' 210. A high pass filter 233 is connected to the mute control 232 to
Temove the low frequency background noise from the speech signal.
The output of the high pass filter 233 is coupled both to an cnvelope )
detector 235and to a pmgrammable attenuator 234. The envelope detector 235 -

20 obtains the s1gnal envelope of the speech signal, the envelope then being coupled to
a loganthtmc amplifier 237. This amplifier cxpan_ds the dynamic range of the
received speech signal to approximately 60 dB to allow for the optimum utilization
of the quantizing range of the analog-to-digital converter 215. The programmable
attenuator 234, responsive to a2 control signal from the computer 210, inserts loss in

25 the speech signal in steps of 3.5 dB in sixteen steps, for a maximum loss of 56 dB.
This signal from the programmable attenuator 234 is coupled to a low pass filter 236
which removes any spikes that might have been generated by the switching
occurring in the attenuator 234, This filter also provides additional signal shaping to
the signal before the signal is coupled to the loudspeaker 212 via an amplifier 214..

- 30 * The signals from both the logarithmic amplifier 227 and the logarithmic
amplifier 237 are multiplexed by multiplexer 217 and provided to the analog-to-
digital converter 215. The converter 215 presents the computer 210 with digital
information about the signal levels every 750 microseconds. :

The computer 210 measures the energy of the incoming signals and

35 develops information about the signal and noise levels. Both a transmit signal |
average and a receive signal average are developed by avemging samples of each
signal according to the following equation: | '

—1




*

[err] = new sanple [err]= old average [err]= new average Thi s equation
strongly favors m ni mum val ues-.0og§ &Lhe envel ope of the applied signal, yet
still provides a path for the resulting average to rise when faced with a
noi si er environnment. Two other signal levels are developed to keep track of
the | oop gain, 5 which &ffectf the swi tching response and singing margin of
t he speakerphone Theselsi gna Slkewmhs ar he. speech level that is present
after being attenuated: Kl"% ke Transm transmt ‘ﬁf -t-lor 224 and the speech |evel
that is present aftey=being a tenyat ed by the receive attenuator 234. In

t he speaker phone, thesej?‘ et~drar e % Qer ently known due to the facty
that the conputer 210 d eb't"ly ctrol & J e<eds in the attenuators 224 10
and 234 in discrete anolints, which as noted above is |ntroduced in 3.5 dB
steps with a maxi num | oss of 56 dB in each attenuator. All of ‘these levels
are devel oped ,;t o provide the conputer 210 with accurate and updated

- information m what the current state of the speakerphone should be. In
order to execute an acoustic calibration process, the speakerphone 15
includes calibratio a?npr | tgf‘y ﬁg# neasur i g t he acoustics of the roomin
which it operates. é T B‘?’sfﬁ‘? y-advant ageousl y deternines the
acoustic envi ronmentls ‘nm'lsahmlege and smal | roons having either harsh
(bad) og favorable ( éh The calibration process needs to be
performed only- when e speaker% one isinitially situated in the room and
first turned on for }’opéﬁeu’tmmgeor 20 when the speakerphone is relocated in
the room Al so, acoustic cali brati on is not necessary just prior to or
after placing a telephone cal Through- use of , in conbination, the
conputer 210, a to 6 WthPEEﬁ torpick PFfd’ePk%lmsthcaplﬂmdtsngml.Zzo and
the recei sgcsépmwmmmoha#dmaﬁymkﬁhmméébdsﬂﬁt okl @tion circuitry,

t he speakgieRtiRBde &%ﬁh r“[fsgh t signal . conprising a series of
20 m Ie@[second tone urs ?ﬁ%ou T%#y haPAS ’ﬂ'é‘frequency range of
i nter and uses B art@@mtmgse@uqagsandnwm nolsea%tegdé:e'alsdorml n
acoustic dammaeméufahﬁnh%i&'%@eﬂa gé @EminesShe h héis %%1% mthe tO”e

generator, t hrough the_Jreceive sec
Ioudspeaker emrﬂés‘F P?S‘FE B &cnmewrag;measumthmm t he echoes
in the rolﬂwlfmbthﬁéaclﬁlmdmfhuempanys 'Hﬁu'aﬁsrﬁitﬂdlsh'ﬁvaii %%gjgone 211

d I 22.0 t he 1
Stor nggsﬁﬂs‘”‘a"%%ﬁ‘%"?%‘?%égﬁ?& b = ewég‘iﬁ‘%'?ny @hown in FIG 7

and d d peiseis gm::allyu constant, the lowest samples
- provide a reasonable estimate of the noise levels. The transmit and receive noise

averages are developed using the followmg equauon

o/

,

R Isl ._.f -1 N
_ Ve + _—-2096‘ if "S 't Zi’t-i :/
- : ¢ ~ lslj ]—l . - ~ ’
Y1+ B E— if Isl, <3
where
20 _ Samp[mg rate = 1333 per second
' ' Isl,-newsample )

Y1 =old average
¥: = new average



The ti me-domai n acoustic response is characterized by two inportant
flactors: the maxi mum anplitude of the returned. signal and the actual or
expected 35 duration of the echoes. This information is used by conputer
210-in adapting its operating pa-ral&e-t-ers The anplitude of the returned
si gnal determ nes wh evel ,of tr speech w red br eak
I n on receive speechahﬂﬁ(?q ?‘éoé'[séﬁ” aﬂe&l ‘E‘Pé"*“&fﬂf‘# # t hat
t hreshol d w@p@ﬁmwmswmmmrmwmuMggvmmmm of

the echoes d%fﬁ?] stxe? kY speech-energy injected into the roomwll
di ssi pate whi ¢ urn, con roI s how fast the speakerphone can switch

froma receive to a tTM@W@VGlﬁmmemmm gfmpécmam. i e.
Eleghlﬁ ?fgos‘g\nmmeég%eclsmpﬁge x€§ g%bl e W t%m iila’gfa{éa Qgggis%eby
spegke?phone M%ﬁ@@ﬁ@gs fcl%‘(r}g Fsepmmm &at%%%&mg'etwmtg
svmdt CEI ng ti krmteﬁmioﬂmrﬁlthet'ﬂieeblﬂlbvbbﬂ\ahsépmeiﬁafmi'bungaﬂtmﬁted\hytthbed | oss
and the brea e t in
or f of mance. Tpipive dliciiatle 234. 1FHE ot b, kof rIRIRR A fpbRLT KGR
speaker phone dug tetis fagtatiatthe compuien ] Q. disentlycontrols thahloswinrtheattenyators 224

" epr esent bl i 3 334h Bislete SABHAS ALK EPndibiP bV RAGUIIIA IFTHD SRpl Bith abl e

to serve | e-donmal.n acoustic response

room that hash maxismmm loss of 56 4B 1 sah atenuator Spekthese \é‘p’r%‘Eé‘ﬁY“d?Mq‘(’f or thls

room rreasureebmvrdbﬂfe hltér 210i vith Atht0¢landipdaid infbesadedbone whaeheer i ze 15

the acoustics_of %}@ om Si nee thehe‘ﬁag)gs In such a roomgenerally remain
at a detect abf gtff’gs ang ted period for nmeasuring the

cokpOsite represent at iardent exepute ad acdistic calibragordprocess, thel sppakérphgne
h
charact eriyge gf,60 Hr?]:oﬂacﬂxt%f}i#&%e“ ésgﬁ?xﬁ ?tﬁ)‘ﬁ?m%ftdfe R{zﬁ%ﬁﬁ&i"h' on nust

be taken over a nuc 0 require or aroomwth
favorabl e acoRPeratess. mgmmzdvmmsl@#mwmwowu od for

el Ut o o g e o Ton v
resolution o conposi sentation en for e,roons W

f avor abl e aco@?&&wn%cs gﬁ?&%ﬂﬁ?ﬁ‘w s?l’?@‘%éﬁ%ﬁ ‘%fs ﬁ’c’)’%g‘e’r oons
with favor abIspeakmpIﬁneusuuaallyedlmatednnﬂlubom mﬁ(ﬁtstrtmnénnﬁrmperanohemones
obj ection t o lg@%:‘ I;p% \S QBS

acoustlcsibt heh‘%'mie- onal gg%psulgltof%mrlesggnse |?1%‘p§ eir i neﬁgbgacnﬁhé“m

cal i bration mmwsmnwlwgrafg@mgwl@homwdecay parameter ‘that is
i ndi cative of the . dur ah&iphQise bfi3n 86kBRAtS) the ERAPer210! #{cne Fefdraiope €cho
decay paraneter vi ding. an_accyrat characteri.za n_of_ the acoustic
envi r onment fW‘&}Se&P q%gm‘&‘?cg Béé@rai“lﬁd"l?l@ det ai |

| at er herei n éinmisehhe edlibestivnecicaitiy) thespesilenphione fgeddrites Stons Gutsesighhlow chart

of 9. 25 comprising a series of 20 millisecond tone bursts throughout the audible frequency
- range of interest and uses the resulting echoes to determine the time-domain acoustic

response of the room. Each tone burst is sent from the tone generator circuit 213
through the receive section 230 and out the loudspeaker 212. The integrated
response, which is reflective of the echoes in the room from each tone burst, is
30 picked up by the microphone 211 and coupled via the transmit section 220 to the
computer 210 where it is stored as a composite representation or response pattem -
shown in FIG. 7 and described in greater detail later herein.
The time-domain acoustic response is characterized by two important -
factors: the maximum amplitude of the returned signal and the actual or expected
35 duration of the echoes. This information is used by computer 210 in adapting its
operating parameters. The amplitude of the retumed signal determines what level of
transmit speech will be required to break in on receive speech. The greater the



The concept of self-calibration is also applied to the speakerphone’s
interface to a hybrid. During a conversation, the conputer neasures the
degree of hybrid reflection that it sees. Thi s hybrid reflection provides a
measure of both the hybrid arfd Y4r-end acoustic return. Its average val ue

S determned usi ng,t 5 fo P if IR
it H-- G return, ‘h°g'8h°f that Sl\i\g?‘g%“}sg Fonmma@m%sql&m@_ 1333 per
Serr) 'A"f“'m‘“““’“"'“’*“m'a Bt e et e e ovel g
t he hybri ?Trg?/lg &ﬁaﬁ “'§§Fh?‘:"o. EgliYnglgg P&%ﬁg%?%w Fm a receiVe

si gnal asndltchﬁ'nmeﬂmmﬂogwmwmtgnmthemnaammmmmhathighvors t he
maxi gﬂ{&s si gnal provided
to tg]esmsgéeﬁé){(tgﬁﬁﬂone geﬂﬁ‘ﬁﬂo:?] Il d sﬂcﬁ FECEI veH i bﬁ aﬁl{?he transmt

si gnal |§W¥‘FM8§°¢5§‘PH§F°?FF‘W githgh WE‘PF‘(P“ gtsﬂ%ﬂl@ﬂ&& ¥hone on the |
t][ansmt taédualses ﬁuf@ewlwgmgvemwmme%&m? fmﬁummawa%?aﬂz :lhépe amDuBt
of switc 0SS, I £gui e s ne tai.n stahility may be
rai sed og"ﬁ te% “rfg m&g%qﬂﬁa?‘ﬁgg%ﬁ%ﬁﬁ sé&ﬁf YIPEXAINEg o aker phone
swi t chi ngnopenahlenmprdwmanﬂapntfoanancansparent and. can .even -approach

full lex for f  th
ul | -gypl ex for wmgwsekﬂu&m%@%ﬁ&%#ﬁ“&%%@ho@? S

average is al so use etermne t X of the
speaker pfayQeble,acopstics, the OmPpesite TeRresentAtoRAcC cheigciefizes e oM st at e

grecFl veaémﬁﬁ&mﬁ)léml&aﬂletéfavemtaeuwnﬁﬁbgomt acauﬁic%s'p@ﬂst dﬁrgzeg_ 20 Ito

evel op ex egﬂe eve o! rgcel V% gfaec ue to rg_?ﬁec I"‘&& addi ti ona

receive Rl '8803‘88 B i ned and .-

t he stat ﬁ)r(tfnstrbcmmaked withraesmﬂarttmmneraﬁmnmnngleguaﬁu uhhlaatenzan accur at e/

repr Nyt gf formed only-
ege gﬁsdﬁag ergﬁg‘%%&%ﬂqﬁé&h@?gﬁg %{ps#&f&g&ﬁﬂiﬁgﬁl& nés?ures t hat

recel ve defectable devel long afterthe allotiadpexiod forymeasyring thewcompesifas i nt er val cannot
be i st ajeiesetation Raskx, ix&VeTh\Qf ﬂmbemdaa&g fely chitdcierié Qe her ef ore

Po oo | nbEsb pRoRLEt HREompone epRsieid i .b%Sﬁae SR T BOEFPE o aver age.
Anot her perioditan tlmrmuuircdaforarprmyath famonlbleedcmmmg Bhn e ulsgldne d aver age .
20 . common extended time period for: measunng both types of rooms has the
dasadvangage of degrading the resolution of the composite representation taken for
those rooms with favorable acoustics, or, alternatively, the measurement for those
rooms with favorable acoustics is taken in such a slow manner that it becomes -

objectional to the user. - : : :

25 - ‘In those rooms havmg harsh acousucs. the time-domain acoustic _
response is determined by the ca_hbrauon circuitry by first generating an echo decay ' .
parameter that is indicative of the duration of the echoes in a room. Operation of the ' .

echo decay parameter in providing an accurate characterization of the acoustic
~ environment for those rooms with harsh acoustics is described in detail later herein
30 with reference to the waveform of FIG. 8 and the flow chart.of 9. .
. The concept of self-calibration is also applied to the speakerphone’s
interface to a hybrid. During a conversation, the computer measures the degree of
hybrid reflection that it sees. This hiybrid reflection provides a measure of both the
hybrid and far-end acoustic return. Its average value is determined using the -
35 following equation: '



30 is alimtation on the acceptable ate of change of transmt speech. If
transmt speech ramps up quickly, Then The possibility of sanpling errors
i ncreases. To avoid this potential source of errors, the hybrid average is
only devel oped during rel atlvel yﬁ “j nterval's of transmit speech (the
exact slope is inplenentat I‘\deﬁ ‘Tb E(? Jsta.bl e operation with
an adaptive speakerphoﬁ:_i‘t {Jée at bq the He-1t he far-end by
both parties, the anpbuft't pat th l'_f\verage may. i-nprove during any
gi ven tyfansnit interval is %I Ilfnt ‘nl { he~adatiwe 5 speakerphone
100, for exanple, the hybr{'d-&Verage igs aITGWe ol ﬂ cde no nore than 5
dB during each {ggRsmt state. In order for the hybrid average to inprove
further, a transition to receive and then back to transmt nust be nade.
This insures that the far-end speakerphone has al so had an opportunlty to

go into the transmt stsaﬁlgz,,@gﬂﬁa@&slggmd—ﬁdoydadapt ed. - Thus, each
speaker phone is able t%reduce i.ts 10 inserted | oss down to a point of

bal ance in a ronot oni c Rt 5IAENE S8MALAETEEet he anpunt of change in the hybrid
average d@ing a transmt:ztaakmtt\s@nahhwméloms thi s speakerphone to to be

operabl e wi th other adgtlvegs@iagﬁﬁgp es such as echo- canceli ng

speakeri phones that pr unt of far-end echo as they adapt
For ease of operation &fe: dew hybwidk avgrageng t he speaker phone, a user 15
interface 218 through which the user has control over speakerphone

functions is provided_ as part of to the speakerphone 100. This interface
i ncl udes such speakerPrsequationdeveiops thehybdaveraggyriuc by subesang aup/ Do,

The user int ﬁhﬁs’iﬁﬁs?hﬂ%rﬁﬁ'xé&ﬁ& si’grﬁvﬁﬂ(pﬂhc@ﬁvdﬁiﬁiﬁg mseaghmm dlfisher for

i nised at i tI']_‘e rec brat Cess. oul‘g h@?user rel oga @’El r her

speakerpﬂﬂ}t "‘Eu'? ‘HF’EC(S’ Cimi vﬁé‘éﬂ HFMr ation

to the new epnomdudrtemhes;icdca;itbnbbgnhehym&mhbr@emqlmadeSMets t he
I I I te

vol e, evel slhat{ ol GRS BADE i RSNTEhodtOabh e ok BB

process or degiCadPEM@ﬂleB@@aan dherhyhridiaverage thpamouns Smh%itlaise di agram

of FIG 3 an?et{vrh@&’nﬂﬂﬁ% rphboné o #Bainthin ﬁabxﬁtﬁﬁﬂyﬁerﬁ%drlm(h

per f or ma | OUS amater use arr. out the ocesses are
def i ned Hﬁqen& ‘F‘ B‘Eﬁﬂfﬁw&f: ?scsﬂeé'g?mﬁ ‘5&“"?‘& I??@? B
accor dance wnidse uhnspprmnmdad:aaseveti appreathfeﬂehplex Ifueftmycdxgmr hormepmmse s s
dynam cally adjusts t t aﬂg{%% g&g&? glone for the
best possible perfor n'ggec%al&%%vdl ew of ¢ aé%; %&Er Id and acoustic
coupl i ng tond&witthing mrﬂdmkvd@fmw&ﬁm@mm swmtmg fromstho fmnsmpis statedoe
di agr am depi gfd ﬂ&x&é‘ﬁaﬂq&%ﬂh %re'ifc q,t,)e Sitle tﬁ@@s&%ﬂﬁé‘lsﬂ!ﬂ h9B8d gﬂgage-li?%sed
speaker ph%Ie | ge aI | zes 1IN ia
velop an expected vcl o mocxvc speech due tomﬂecnon, additional reccxvc
speech due to the far-end talker may be accuratcly dctcnmned and the state of thc
_ hone sthchcd accordingly. '
e speaketp |
To obtain an accurate representation of the line conditions, hybrid
avcragmg is pe,rformcd only while the speakcrphonc is in the transmit state. This
25 insures that receive prOCh on the receive line durmo 2 quiet transmit mterv& cannot
be mistaken for a hxgh level of hybrid return. This averagmg therefore prevents
reccwe spcech that is not great enough to cause the spcakcrphone to go into thc
receive state. from distorting the estimated hybrid average. '
Anothcr boundary condmon employed i in dcvclopmg this bybnd average
30 is a limitation on the acceptable rate of change of transmit speech. If transmit speech

ramps up quickly, then the possibility o_f sampling errors increases. To avoid this
potential source of errors, the hybrid average is only developed during relatively flat



state 301. Wile in this state, the speakerphone has -a symmetri cal path for’
entering into either a transnit state 302 or a receive state 303, according
to which of these 35 two has the stronger signal. If there is no transmt
or receive speech whil e the speak@rphone is in the idle state 301, the

speakerphone ins .n.t state as I ndi ate 0 out of and back
into thi §“‘F’a Pﬁ’t’%‘“‘@ﬁ&gﬂ‘?ﬁxwﬁ %@é&‘ﬁ gauoééﬁ ?‘%g‘)rn the transmit

or receive path, Tdensepstdbis mmnﬂemadnpnhespmkaphmnﬁlusgatbmhsmt or
receive “{Ena\‘%q, e 30 for
exanpl e,. ﬁfe "‘F’Ja&nasﬂm e?ﬂgegtgﬁ) %Fﬁnueé nm%aﬂnt‘éehé&ﬁ?%g&éﬁ E"%&rphoﬁ—.ej‘
t hen rermnpmvcdunmmysm@mtransnutm dsiudso imited Indheadaptivecei ve speech 5

havi ng asﬁéa!n fiGrie FUORGHexhpRR, %%ybﬁéﬁ%ﬁcﬁﬂﬂ&ﬁ@d tANPTER NS nfdreak- i n
occurs and th gaker phone poves ' to th ive state 3Q3. If transmt
speech c ﬁ@ﬂ Eé’@P?FE‘ tsRis AR E?@SEEYWQWQ’%&R@PWGW returns to

t he i dl efistlrk,e wahbitiohhe ferkiverand thenltaack nea&anﬂmna bermniddec Thickisines st at e 303

5 el BB Wi BT bRy B S DR e 207, TS

recei ve stateandd@s similadysadaptedr ';i‘hmea@tsmekemhomi@bs@medmrm ransnmit speech

succegsf VSRS H‘%]ﬂé‘n tie the transmt
st at eﬁgogds% faéwhﬁoza?mno reacneclé\li}gaﬁﬁg\gigﬁfcvw e th sréxshone isin
t he receffoung t"@%ﬂ yhsid, averesd %EBFF%“HW speaker phone

rﬁturns f &b@ﬁbﬁﬂﬁt&b@b@mﬂfémmoﬂ:cradapu aemchts@eEh& 4f tﬂere i's
shown a fl ow.chart ust r.atin reater eration of the
speakerpﬁﬁ'ﬁ’f?h% g H#SP © ‘?“ﬁgf'g?%“’?@ri ‘T“ﬁe"t‘:ﬁ‘ afgl a@g e or nove
fromthe idle stdfmemoﬂopetananmdforsoaﬁwrmgthmamm:mens&he process i S8/
ent er Q?ﬁﬂ"% sgéakb@ ate. From '
this g?e%;tﬁ%&&g?g%ﬂ@?%égn%ggsq?@ t gg?%l n 4 hb\;/]\ﬁg{rﬂ((‘ai'hl&tls'S eterm nes 20
whet her PF@’léF‘éit"édlaéd’F‘P thespeakephope 100 sThjs interdaceapgludesipach r ansiit noi se by
a certai @pédka@nb@éﬂncﬁénshbomwmhmmmmgmbowmrmwthan t he

transmt e es d anmpu he ceeds to decision 403.
At this a‘quﬁ% OBR% ffﬂ‘ﬁ&?"g’ﬁ‘ Féig#élb%‘%"?ﬁgwgﬁﬂ% %e detected
transmt r@qaghanoepwesss Schbaldehp usar aelocaterhis or hersipgakeirphiope spressingithis :
thresp! ¢ reagmg [ onent of
t he t?gnsm Sl 8ﬁcr|f°mhat 'S ue to é%'%@ﬁ%%’@%%a‘ Iﬁaﬂ@iﬁm ggmthe
Ioudspea(‘ﬁ"i‘t’ﬁ‘tl R BrocessTBistbibe volnmelewsl of the speakerphong toythe él!’“é}ﬁ he receive

speech sipgsidibn. t he anmount of svvltched | oss, and the acoustics of the room

ranamt | ovel ) ciaad AU Rk é%gr%@e@aﬁﬁﬁﬁ?ﬂsﬁ%fxﬁﬁﬁtﬁg resul

from roomiwmvslyhepbysnemhsaottprmm Ihereirs withrefersce hea expect ed
25 state diagram of FIG. 3 and flow diagrams of FIGS. 4, 5, 6 and 9. For improved _
performance, the various parameters used in carrying out the proocsses are defined e
using the time-domain acousuc response as set forth herein in accordance with the 1%

principles of thc present mventlon Thxs process dynamically adJusts the operational

parameters of the spcakerphonc for the best possible perfoxmance in view of existing
30 hybrid and acoustic coupling condmons '

Refemng now to FIG. 3, there is shown the state di'a‘g’ﬁim depicting the

possible states of the speakerphone 200. The Spcakerphone initializes in an idle

state 301. While in this state, the spcakcxphonc hasa synunetncal palh for entering -

into either a transmit s_tatc 302 or a receive state 303, a_ccordmg to which of these - . -
35 two has the stronger signal. If there is no transmit or receive speech while the

speakerphone is in the idle state 301, the speakerphone remains in this state as

indicated by a loop out of and back into this idle state. Generally, if speech is



transmit level by a certaln threshold in order for the speaker phone to
switch into the transmit state.. If the detected transmt signal does not
exceed the expected transnmt signal b¥ the threshold, the process advances
to decision 406. If the detected 3% 'fransmit signal exceeds the expected

transmt sig al by.the.threshold, _howeve th ocess advances to step 404
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actually a f&ewaﬂ&ﬁt‘%/mﬂéﬂ?&tﬁg" er thedeteqtet rensmicEgnal & %“1"6#13!“ does not
exceed the ekﬁp@dt&ﬂuéﬁﬁﬁtﬁgnﬂw&&immmshold.
25 ' The expected transmit signal is that component of the transmit slgnal

that is due to the receive signal coupling from the loudspeaker to the microphone.
This signal will vary based on the receive speech signal, the amount of switched
loss, and the acoustics of the room as determined during the acoustic calibration:
process. The expected transmit level is used to guard against false switching that can
30 result from room echoes; therefore, the transmit level must exceed the expected -
transmit level by a certain threshold in order for the spcakerphone to switch into the
transmit state. - S
If the detected transmit signal does not exceed the expectcd transmit
signal by the threshold, the process advances to decision 406. If the detected
35 transmit signal exceeds the expected transmit signal by the threshold, however, the
process advances to step 404 where a holdover timer is initialized prior to the
speakerphone entering the transmit state. Once activated, this timer keeps the -
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by the threshold, the process returns'to the step 401-and the speakerphone
remains in 30 the idle state. If the detected receive signal exceeds the
expected receive signal by the threshold, however, the process advances to
-step 408 where the hol dover timerdSisinitialized. From step 408 the process
advances to st 409 ere the speaker hone Is directed to enter the
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detected receiye n eater han s gnal by the
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advanggs t he receive
st at ewAt t’%’g %’gﬂ%%ggwﬁtsﬁnbﬂ r oceégﬁ%ﬂﬁ%ﬂdﬁaﬁﬁl&%ﬂ%@%%@%%& ed transmt
si gnal i $ragsmikspecchipath isiopen W%tmwdeW@ee@fpfeQwhm@gwapd If the -
det ect ed swtammus%se&eimmmeﬁm bhhaéﬂach&:wmsﬂwmaphﬁﬁuby the desired

Sourns AR i Fh e g zrm%!#@e' 108 rorRlvR paih b i o o o,
Each ti mcmabbankwunémoise maSpqeeh incthe rodna Thisglinftom, is read as a certain
25 expected level of receive speech. And the actual receive speech signal must surpass
this expected Jevel by the threshold in order for the speakerphone to determine with
certainty that there is actually a far-end party talking. . .
If the detected receive s1gnal does not exceed the expected receive signal
by the threshold, the process returns to the step 401 and the speakerphone remains in
30 the idle state. If the detected receive signal exceeds the expected receive signal by
the threshold, however, the process advances to step 408 where the holddvcr timer is
initialized. From step 408 the process advances to step 409 where the speakerphone
is directed to enter the receive state. _ :
Referring next to FIG. 5, there is shown a ﬂow chart 1llustratmg in -
35 greater detail the operation of the speakerphone 200 in determining whether to
remain in the transmit state or move from the transmit state to either the receive state
or idle state. The process is entered at step 501 wherein the speakerphone has
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certaln state, the speaké&rphone will remain mininally in that state for the
perlod of the holdover tiner, 1.2 seconds. If at decision 507, the process
finds that the detected transnit signal is 30 less than the transmt noise
by a certain threshold, i. e., no=sp&ch fromthe near-end party, the
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transmt si gMoesspmotedgmabpﬁOﬁdelemdhelﬂkimuttﬂdcmsuuuaimedlfgnhhrémwehe
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signal is greater recelve Ssi reshol d,
however, the swéeazhg foenierthe receivesiate0s Wnere t he- hoI dover tiner.is

initalized for the t rAﬂammoﬁsm th ﬁfdééss‘:ﬁheﬂmQQEec Figi s mmmﬂﬂm@ﬁﬁ to
step 606 wher £ | t C%: Eiﬁe }ransxm noisé f}zkz%r I(Enff?ﬂc&e eectt ansm. t state.
slgnal is greater than the transmit noise by the desired amount, the holdover timer is
25 reinitialized at step 508, the process retumns to step 501 and the speakerphone
remains in the transmit state. Each time the holdover timer is reinitialized for a
certain state, the speakerphone will remain mmnnally in that state for the period of
the holdover timer, 1.2 seconds. '
If at decision 507, the process finds that the detected transmit signal is
30 less than the transmit noise by a certain threshold, i. e., no speech from the near-end
party, the process advances to the decision 509 where it determines if the holdover
timer has expired. If the holdover timer has not expired, the process retumns to -
step 501 and the speakerphone remains in the transmit state. If the holdover timer
has expired, the process advances to step 510 and the spcakcrphone returns to the
35 idle state. S - : -




At decision 607, the process checks to see if the"detected receive signal
is greater than the receive noise by a certain threshold. If the detected
receive signal is greater than the recei ve noi se by the desired anmount, the
hol dover timer is reinitializedalt? step 608, the process returns to step

601 and the speak hone Xep:TH i N recei ve state.. |{ at decision
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cont i nuedy L hr ouahoute biE, HEAS0S SHER S RAMSVAS Bimer is initialized for the
transmit state. From step 605, the process advances to step 606 where it causes the
25 speakerphone to enter the transmit state.
At decision 607, the process checks to see if the dctectcd receive signal
is greater than the receive noisc by a certain threshold. If the detected receive signal /
is greater than the receive noise by the desired amount, the holdover timer is _
reinitialized at step 608, the process returns to step 601 and the speakerphone
30 remains in the receive state.
If at decision 607, the process finds that the detected receive 51gna1 is
less than the receive noise by a certain threshold, i. ., no speech from the far-end
party, the process advances to the decision 609 where it determines if the holdover
" timer has expired. If the holdover timer has not expired, the prboess_ returns to -
35 step 601 and the speakerphone remains in the receive state. If the holdover timer has .
expired, the process advances to step 610 and the speakerphone returns to the idle
- state.
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The sanpl e i nmpul se responses shown in FIG 7 are for the four 25
f'requénci es, 300 Hz, 400 Hz, 500 Hz and 3.3 KHz. As illustrated in this
figure, the 300 Hz response initiaII%/ has a fairly high anplitude (A), but
t he energy quickly dissipates-afteT $e=t one stops...ln the 400 Hz response,
its anplitude (A) is |n|t|ally | ower, however, the energy does not
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The sample impulse responses shown in FIG. 7 are for the four =
25 frequencies, 300 Hz, 400 Hz, 500 Hz and 3.3 KHz. As illustrated in this figure, the
300 Hz response initially has a fairly high amplitude (A), but the energy quickly
dissipates after the tone stops. In the 400 Hz response, its amplitude (A) is initially
lower, however, the energy does not dissipate as rapidly as in the 300 Hz response.
And the energy in the S00 Hz response dissipates even slower than the 300 Hz and
30 the 400 Hz unpulse responses. :
' A composite waveform is shown next to each 300 Hz, 400 Hz and
500 Hz impulse response. This composite waveform represents an integrated
response pattern of the impulse responses. The 300 Hz impulse response and the
300 Hz composite response are identical since this is the first measured response.
35 The subsequent composite responses are modified based on the new information that
comes in with each new impulse response. If that new information shows any
2 millisecond time interval with a higher amplitude return than is then on the
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duration echoes that dissipate to a desired echo decay value "D'" within the ~
nmeasuring period ([err]) for the conposite response. In the harsh acoustic
environment, the acoustic return includes |ong duration echoes that do not
di ssipate to the desired echo decé‘j/ ¥al ue D within the neasuring period
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the 20 e thtedesired egho deeasevalue D within the measunngpenod tytyp for
25 composite response. Rather, these echoes are shown as dxsslpatmg only to some
level "d" and, as a result, cause unstable operauon inthe Spcakerphone smce itis —
unable 1o adapt its operating parameters to the acoustic environment, . -/
For those rooms having a harsh acoustic environment, the time-domain
acoustic response is determined by the calibration circuitry in the speakerphone by
30 first generating an echo decay parameter that is indicative of thé. duj'ation of any
echoes present in the room. The echo decay parameter is an estimate for a specific |
-time interval (t -tp) when the amplitude level of the acoustic response for the tone
burst signal dissipates to the predetemuncd level D. This echo decay parameter is
also advantageously determined from the same series of tone bursts generated into
35 the room by the calibration circuitry. |
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I after performing a fitrst nmeasurenent “of the room acoustics at a
prescribed first time period, the calibration ci rcuitry determ nes that the
room echoes have not dissipated to anggeceptable Ievel (a predeterm ned

m ni num echo decay criterion) for generating a satisfctory echo decay
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25 cchoes, the calibration circuitry regenerates the tone burst into the room a second
time and then measures the resulung level of the acoustic response over an extended
S time period. - :
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- Referring next to FIG. 9, there is shown a flow chart illustrating the

operation of the speakerphone 200 e B :  in determining
30 the type of acoustic environment in which the speakerphone is employed. Through

use of this acoustic calibration process, the speakerphone is able to determine the
acoustic environment of both large and small rooms havmg either harsh or favorable
acoustics and then adjust its operating parameters for optimum operation in either
acoustic environment. The process is entered at step 901 where the mmahzmg

35 parameters are sot and an acoustic measurement is performed for a first time through
a composne characterization of the acoustic environment, as previously described
herein with reference to FIG. 7. The unna;mng parameters include setting a scaling -



subtracting the level of the acousti &*response stored-in the |last bin of

t he acoustic 20 buffer fromthe |l evel of the acoustic response stored in
the first bin of the acoustic buffer. Thus the echo decay parameter as
represented by the tenporary scaTifrél Tactor S' provides a way of

ext rapol atlnq what tinme_ interval woul d be- re uired-for the anplitude of the
r et ur nedfagtas| St fea velup eh d and glegring an acqustie bufier indhe camaputertidafanyned | evel .
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twi ce anprederermineddsvel.n the room are remaining for an.extremely I ong
periogy In this 'I?fﬁ?&&grmmcd at decision 902 that the echo has decayed sufficiently
w1thm the selected time period, in this instance 20 tmlhsecon_ds ‘the process - -
advances to decision 904. At this decision, a determination is made as to whether ‘J
the scaling factor S then being used is assigned the value 1. If yes; this is-an |
indication that the acoustic measurement process was performed only once due to
30 the speakefphone_ then being in a favorable acoustic environment and, as a result,
determining an echo decay paramctér 'w_as not necessary, l'-‘or this condition, the
acoustic measurement is complete and thc prodcss advances to' step 910. If the
_scaling factor S is othcr than the value 1 the process i advanoes to Step 909. _
Rcfemng once again to step 903, after the temporary scalmg factor S” is -
35 determined, the process advances to decision 905 where a determination is then
made as to whether this temporary scaling factor S’ _'is glfeage: than some arbitrary
number such as, for example, 30. The size of the scaling factor affects the reliability




t he process advances to Step 908 whi ch prdvi des instructions to use the
eXi sti'ng data and nmake a reasonabl e prediction as to when the room echoes
will decay to the desired predeterm ned | evel. 20 From the step
908, as well as from decisi ong®“904 am2905, the process advances to step
909 where a tinme-donai n acoustic res onse for t he Vi ronrrent S
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attenuators Sa% based opthe echo decay pParameter asSeRIRES Yrtbrsqept%w@mﬁ@%e
total anmount afd also @i d:2% that is then set in the acoustic buffer. This synthesis is achieved by

25 adjusting the time period for each one of the ten storage bins in the acoustic buffer
such that their sum is equal to the specific time interval at which the predicted -
amplitude of the returned acoustic response dissipates to the predetermined level.
This synthesis is further achieved by inserting adjusted amplitude values into each
bin of the acoustic buffer such that the last one of the storage bins contains an

30 adjusted amplitude value at or below the predetermined level. :

-From step 909, the process advances to step 910 where the acoustic data
inforrnation is provided for use by the computer 210 during normal operation of the
program routines of the speakerphone. The time-domain acoustic response and the
scaling factor are both saved for use as part of the normal program routines. The

35 scaling factoris used as part of the normal program routine in determining the
manner in which samples are stored in the receive buffer. The samples stored in the
receive buffer also are scaled in the same way as those samples in the acoustic buffer



15 The tinme-domain acoustic Fesponse is further used in

déterm ning the expected transmt |evel. This expected transmt level is
obtained froma convolution of the time-domain acoustic response with the
receive speech sanples. The r ece®We=speech sanples are available in real
time for the imediately preced| ng specific time interval with sanple
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response. The maximum product is then selected as a numerical value which .
represents the maximum point of convolution of the immediately preceding spccxﬁc A
time interval of receive speech and the corresponding specific time interval of initial |
room characterization. This numerical value represents the amount of receive speech
30 energy that is still in the room and will be detectéd.by the microphone.
The following example illustrates how the convolution of the time-
domain acoustic response with the received speech provides for more efficient.
operation of the speakerphone.- If, by way of example, the near-end party begins
talking and the speakerphone is in the receive state receiving speech from the far-end -
35 party, a certain amount of the signal coming out of the loudspeaker is coupled back
into the microphone. The speakerphone has to determine whether the speech seen at
the microphone is due solely to acoustic coupling, or whether it is due to the near-




t han that produced by the near - end party.-'The result is a | oud and
r'everberant return echo to the far-end. To alleviate this unpl easant si de
effect of near full or full duplex 15 operation, an echo suppression
process, which inserts loss in the-tZ#nsnit path as appropriate, is

enpl oyed. A diagramgenerally i]J]lustrating the_insertion of echo
suppr essi on PRk gfhgsmnmmqmapssmmhmﬁiﬂl@agm tg the speakeaphonen FI G,
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Referring negﬁ&ﬁk@@%ﬁ&{ﬁ%g&f@ﬂéh@ﬁa@nﬁ |ag*r°|alrﬁna|El ustra |r?5 t he
deci si on makReepsticsouplingon theisignaliel bessen & %m@@mr@uabpeweﬁwmg The
process is equation could be as simple as a fast attack, slow deca_y analog circuit. In this

25 implementation, the acoustic coupling equation is the time-domain acoustic response
that is generated during the acoustic calibration portion of the calibration process,
described earlier herein. The output of the equation is the expected transmit signal
level also described earlier herein. The resulting signal is then used to provide a -
control signal for the modulation of the transmit path loss. An echo threshold

30 detection circuit 1012 menitors the amplitude of the control signal from the acoustic

~ coupling equation 1011. When the control signal exceeds a predetermined threshold
(below which the return echo would not be objectionable to the far-end party) = . -
transmit loss which tracks the receive speech is inserted into the transmit path by the
modulation circuit 1013. : : -

35 By monitoring the transmit and receive speech signals, thc process
determines when the speech signal into the microphone is a result of acoustically
coupled speech from the loudspeaker. While the speakerphone is operating, the




10 entered at decision 1101 where the transmt._ sig_naI’ | evel is conpared
with the expected transmt signal |level plus a coupling threshold. If the
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and echo, s pr &lﬁ%ﬁsﬁﬁé)‘?sa REigwever the expect d | evel of
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* O ai nthat may\nseddo bas mgd-apparat us for processi-ng speech signals on a
communi cati on IIAedeélmnamwraada&mﬂmdﬂkmwuﬂﬂmeme%&png bet ween a
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far-end and ec_ho s_uppress;o_n is nqt neeessary If loop _swnched__los__s is not great
enough to provide sufficient echo reduction, however, the process advances to
decision 1105.
25 At dectslon 1105 a determination is. made asto whether the expected
level of the transmit signal is greater than the loop switched loss plus anecho o
threshold. If so, the process advances to step 1106 since the return echo would not 4
be objectionable to the far-end party and echo suppression is not necessary. If,
however, the expected level of the transmit signal is less than the loop switched loss
30 plus an echo threshold, echo suppression is necessary and the process advances to
step 1107. The echo suppression is then inserted into the transmit path at step 1107
as follows: loss = expected transmit level - (loop switched loss - echo threshold).
Although a speciﬁc embodiment of the invention has been shown and
described, it will be understood that it is but illustrative and that various
35 modifications may be made therein . '



means for generating a tone burst signal®in said environment, the tone
burst signal conprising nmultiple frequency signhals generated separately at
different 10 tinme intervals; neans responsive to the re%&eﬁ——eH—he—I—ene__

burst signal to said apparatus for generating a corrposite r tion of
t he acoustic response for each one of the mgltiple freque ﬂﬂ i JI'IHH“P
the largest returned anplitude | evel neasured at each one ' '
predetermned.tine intervals;. 15 scal i ng. nmeans for generati ng an
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claimed inggaims _V‘her&hﬂnﬁﬂﬁ th&RS opétabiy respdisive to the scaling means for adjusting

threshold switching levels at which the apparatus switches between the receive state
and the transmit state.

- 2. Apparatus as claimed in claim 1 wherein the scaling means serves to
generate the echo decay parameter by examining the amplitude level in the ~ .
25 composite representation at at least the first one and last one of the multxple
predetermined time intervals. '

3. Apparatus as claimed in claim 2 wherein the scaling means includes
means for generating the. time-domain acoustic response of said environment, the
scaling means serving to generate a time interval for the time-domain acoustic

30 response by adjusting the period of each of the multiple predetermined time intervals
of the composite representatioh so that the sum of these adjusted time intervals is
equal to the specific time interval at which the amplitude level of the acoustic
response dissipates to the predetermined level.



10 generating nmeans includes neans for regenerating the tone burst signal
for measuring of the acoustic response by the scaling neans in Said

envi ronnment over a predetern ned second tine dtinme :
period being longer than the first time peri omﬂﬂ uﬂmﬁ"ﬂ @ st SI gnal
bei ng regenerated by the tone burst sig al genetat ng neans

anplitude level of the acoustic respon for the nultiple 15 frequency

signals fails to dissipate to a predeterm ned | evel over the predetern_Lned
first time period. 4.7Appammslas)dlaunedjmtcéa1mhwhgeﬁﬁesgqlmgaﬁeamwst ic 4y
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8 wherein ﬁ&gﬁg@cay paraneter generating step includes the step of
generating a erval for the t.inme-domain acoustic response by

adj usting the period of each of the nultiple predetermnined tine
7. A method of determining the type of acoustic environment in which a
voice signal controller is employed, the voice signal controller being connectable to
a communication line and switching between a receive state for receiving speech

20 signals from the communication line and a transmit state for transmitting speech

signals over the communication line, the method including the steps of T
generating a tone burst signal in said environment, the tone burst signal

comprising multiple frequency signals generated separately at different time

intervals; '

25 measuring the return of the tone burst signal to said controller for
generating a composite representation of the acoustic response for each one of the
multiple frequency signals having the largest returned amplitude level measured at
each one of multiple predetermined time intervals;-

generating an echo decay parameter for providing an estimate for a

30 specific time interval when the amplitude level of the acoustic response for the
multiple frequency signals dissipates to a predetermined level, the echo decay
parameter being indicative of the duration of echoes from the tone burst signal and
providing a time-domain acoustic response of said environment; and



-

16 interval s of the conposité representation so that the sumof these
adjusted tine intervals is equal to the specific tine interval atwhiech—the

anplitude | evel of the acoustic response dissipates to ) ned
| evel . 10. A nethod as clainmed in claim9 wherein the Jaﬂnnmﬂﬁm"mt er
generating step includes the step of generatgi_ng mul tiple adjusted s '«
anplitudes for the 15 tinme domain acoustic response, 'the adjusted

anplitudes being inserted inta the adjusted tine intervals in a manner such

that the last of the adpdjusting thresholdiswitching levelsatuehich theraoatrollerawitalipsist ed
anpl i tUde at OheRflen\the RReiVe 36 SidTHE tnkihi Slate retporfdivERb MR meaufing s | "

claim7 wherein the echo decay paraneter generating step neasures-t
acoustic response for the the tone burst signal 20 generated in said

_envilronmegt1 %er a p{eﬂﬁ?ﬁﬁ&iﬂgﬂ%?ﬁﬁﬁéﬂiﬂ(%l;ﬁt@?ﬁlﬁ?hinﬁ%lmﬁasﬁﬁ?ggﬁg?%nﬁlafékmd
inclaim rein the tone bur enerating step, i.nclydes the sfep o
regenerating t ?‘%‘Hé{éﬁﬂfgﬁr@@ﬁgy mg’&%ﬂpé)‘ l?%‘%&i@ﬂﬂ?s’rt%sponse
by the echo Slecepresentaaivnta at Emelﬂaaﬁiannesinaﬂa&tmne@fdmnulﬂgwm&teﬁmm time

pr edet er m ned ?ﬁgrq’n time period, this second tinme period being | onger than

25 the first t i od and the tone burst signal being regenerated by the
tone burst signal generating step when the anplitude |evel of the acoustic

br edet er i ned 1 evel  ovds %%@ﬁ?&%éﬁ@#ﬁ%ﬁﬁ § bitecul 35 BESHY dabaclter
generating step includes the step of generating a time interval for the time-domain
acoustic response by adjusting the period of each of the multiple predetermined time
\o/ 10 intervals of the composite representation so that the sum of these adjusted time
-intervals is equal to the specific time interval at which the amplitude level of the
acoustic response dissipates to the predetermined level.

-

10. A method as claimed in claim 9 wherein the echo decay parameter
generating step includes the step of generating multiple adjusted amplitudes for the
15 time domain acoustic response, the adjusted amplitudes being inserted into the
adjusted time intervals in a manner such that the last of the adjusted multiple time
intervals contains an adjusted amplitude at or below the predetermined level.

11. A method as claimed in claim 7 wherein the echo decay parameter

generating step measures the acoustic response for the the tone burst signal
20 generated in said environment over a predetermined first time period.

12. A method as claimed in claim 11 wherein the tone burst generating
step includes the step of regenerating the tone burst signal for measuring of the
acoustic response by the echo decay parameter generating step in said environment
over a predetermined second time period, this second time period being longer than

25 the first time period and the tone burst signal being regenerated by the tone burst
signal generating step when the amplitude level of the acoustic response for the
multiple frequency signals fails to dissipate to a predetermined level over the
predetermined first time period. -



